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REMARKS: 

L FORMAL DRAWINGS 

On page 2 of the outstanding Office Action, the Examiner states: 

This application has been filed with informal drawings, which are acceptable for 
examination purposes only. Formal drawings will be required when the 
application is allowed. 

Formal drawings were submitted with a Response to Office Action on July 31, 2006. PAIR 
indicates that the USPTO received four sheets of formal figures on August 4, 2006. Unless the 
Examiner indicates otherwise, it will be assumed that the previously submitted formal drawings 
are suitable and address the Examiner's concern. 



II. ENABLEMENT (§112, FIRST PARAGRAPH) 

The Examiner rejected all of the pending claims under 35 U.S.C § 1 1 2, first paragraph, as failing 
to comply with the enablement requirement. The §112, first paragraph, rejections fall into two 
categories distinguishable by the allegedly non-enabled subject matter. 

The first category (subsection A below) is for the language "where at least partially removing 
comprises passing the received CDMA signal through a filter selected to have a filter 
characteristic that approximates an inverted amplitude or power response of the at least one of the 
transmit filter or the receive filter" and includes claims 1-2, 10-14, 16, 21-23, 25, 32 and 34-38. 
See pages 2-3 and 4-6 of the Office Action, 

The second category (subsection B below) is for the language "wherein said at least partially 
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removing comprises passing the received CDMA signal through a processing unit that uses a 
least squares criterion to derive the radio channel multi-path profile x from a searcher profile y, 
where y = F- x + v, where v is a noise vector and F is a transmit/receive matrix" and includes 
claims 4-9, 17-20, 26-31 and 33. See pages 3-4 of the Office Action. 



A. 1 ; A FILTER CHARACTERISTIC THAT APPROXIMATES . . . " 

The Examiner argued that the language "where at least partially removing comprises passing the 
received CDMA signal through a filter selected to have a filter characteristic that 
approximates an inverted amplitude or power response of the at least one of the transmit 
filter or the receive filter," as recited in claim 1 , for example, is not described in the specification 
in such a way as to enable one skilled in the art to make and/or use the invention. 

At page 2, lines 23-27, the instant application states: 

In one aspect this invention provides a method to receive a CDMA signal from a 
radio channel, and the method includes inputting a CDMA signal received 
through the radio channel to a searcher and processing the received signal in the 
searcher to obtain a multi-path profile of the radio channel, where processing 
includes at least partially removing an effect of at least one of a transmit and a 
receive filter on the multi-path profile. 

At page 8, lines 6-28, a hardware exemplary embodiment is described: 

Fig. 3A illustrates a searcher unit 200 in accordance with this invention. The 
searcher unit 200 receives the CDMA signal that is applied to a correlator 202 
that also receives the PN signal. The output of the correlator 202 is applied to an 
amplitude calculation block 204. In accordance with an embodiment of this 
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invention, the output of the amplitude calculation block 204 is applied to a 
deconvolution processing block 206 that also receives a filter signal 206A. The 
output of the deconvolution processing block 206 is applied to a data 
reduction/sorting block 208, and thence to output buffers 210 that are readably 
coupled to a digital signal processor (DSP) and/or a general data processor of the 
mobile station or the base station, depending on where the CDMA receiver that 
employs this invention is used. 

Discussing Fig. 3A now in further detail, the correlator 202 may be a 
conventional correlator capable of performing coherent integration for a given 
number of chips. Note that another suitable conventional correlator 
implementation uses additional non-coherent integration after the magnitude or 
magnitude squared block. In block 204 the amplitude is derived, that is, block 
204 computes the magnitude of the complex correlation: |correlation| = square 
root (real part * real part + imag part * imag part). Block 208 typically reduces 
the data transfer from the ASIC, that contains the illustrated circuitry, to the DSP. 
In one implementation the block 208 performs a partial sorting of the data and 
reduces the profile to include only the 16 or 32 highest amplitude data points. In 
addition to the amplitude, block 208 keeps track of the PN offsets of the values 
selected. Block 208 may also include peak finder circuitry, that is, block 208 
could also include means to identify and provide the PN and the amplitude of the 
arrival peaks. The Filter input 206A conveys a set of N coefficients which are the 
taps of the filter, such as the N-tap FIR filter. What is filtered by the FIR filter is 
the raw amplitude profile derived by the searcher. 

Since it may be reasonably assumed that the receive filtering response of the 
matched filters 106A and 106B (Fig. 2), or filters that, once implemented, are an 
approximation of the matched filters 106 A, 106B, is approximately known, in 
accordance with an aspect of this invention the transmit and receive filtering 
response can be removed from the multi-path amplitude profile using the 
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deconvolution processing block 206. As a result, instead of observing the 
convolution of the discrete CDMA signal arrivals from the radio channel and a 
combined transmitter/receiver filter response, the discrete radio channel arrival 
paths alone can be recovered from the received CDMA signal. 

At page 8, line 29-page 9, line 7, an example is described with respect to exemplary multi-path 
profiles: 

FIG. 4a shows an example of a multi-path profile from the radio channel, FIG. 4b 
shows a combined transmitter/receiver filter response, and FIG. 4c shows the 
convolution of the multi-path profile from the radio channel and the combined 
transmitter/receiver filter response, which corresponds to the multi-path profile 
measured by a conventional searcher unit, such as the searcher unit 110 shown in 
FIG. 2. 

The deconvolution searcher 200, in accordance with this invention, produces 
(approximately) the multi-path profile shown in FIG. 4a, as opposed to the multi- 
path profile shown in FIG. 4c, since the "blurring" function of the combined 
transmitter/receiver filter response of FIG. 4b is essentially removed. 

As is apparent, in the example illustrated in FIGS. 4a-4c, the obtained multi-path profile has had 
the effect of the combined transmitter/receiver filter response essentially removed. That is, M [a] 
searcher uses a deconvolution technique to at least partially remove the blurring effect of the 
transmitter and receiver filters so that the searcher produces substantially only the radio channel 
multi-path profile." See page 1, lines 20-22 of the application. 

At page 9, line 13-page 10, line 4, various exemplary embodiments are discussed: 



In general, in one hardware embodiment the deconvolution processor block 206 
is implemented as an N-tap Finite Impulse Response (FIR) filter 300, shown in 
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FIG. 3B, and in another hardware embodiment shown in FIG. 3C the 
deconvolution processor block 206 is implemented as an Infinite Impulse 
Response (IIR) filter 400 (having a number of taps at the numerator and at the 
denominator). The derivation of the filter taps for either of these embodiments 
can be performed in a variety of ways. For example, one suitable technique is to 
generate an inverse filter of the a-priori known convolution of the transmit 
and receive filter. Note in this regard that the transmit filter 56 model in the base 
station 50 may be a filter specified by the IS-95 CDMA standard, while the 
receive filter is preferably the actually implemented receive filter, or model of the 
receive filter. 

In the FIR filter 300 embodiment the amplitude response of the 
transmit/receive filters, such as the matched receive filters 106A, 106B and 
the corresponding base station transmit filter 56, is inverted and the 
resulting inverse filter is approximated by the N-tap FIR filter 300 shown in 
FIG. 3B. The FIR filter 300 is used to filter the PN-series generated by the 
searcher 200 (the output of correlator 202 via the amplitude (or power) 
calculation block 204). The FIR data need be provided by the control processor 
1 1 8, such as by the DSP, but once as a fixed model of the blurring function (e.g., 
that corresponding to FIG. 4b). For example, the FIR filter 300 is the inverse of 
the convolution of a model of at least one of, and preferably both of, the base 
station transmit filter 56 (such as the transmit FIR filter defined in the IS-95 
standard) and the mobile station receiver filters 106 A, 106B. (emphasis added) 

Thus, one exemplary embodiment of the invention utilizes an N-tap FIR filter to approximate an 
inverse filter of the known convolution of the transmit (e.g., base station transmit filter 56) and 
receive filters (e.g., mobile station receiver filters 106A, 106B), for example, by inverting the 
amplitude or power response. It is submitted that one of ordinary skill in the art would readily 
appreciate this description of an exemplary embodiment of the invention. In addition, one of 
ordinary skill in the art at the time the invention was made would further appreciate how to 
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implement such an exemplary embodiment of the invention, at least from the detailed 
descriptions provided in the specification of the instant application. 

It is submitted that inverse filters, as a category of components, are not new or novel, per se. For 
example, U.S. Patent No. 3,287,695 to Taylor, issued on November 22, 1966, describes the use 
of a self-adjusting inverse filter and, in FIG. 3, illustrates the frequency response of an inverse 
filter corresponding to a frequency response of a received seismic signal shown in FIG. 2. While 
so described in relation to seismic geophysical operations, the operation is not very different from 
uses of inverse filters in relation to communications equipment. A copy of U.S. Patent No. 
3,287,695 is attached for the Examiner's convenience. 

It is noted that the above reference to U.S. Patent No. 3,287,695 should not be construed as an 
admission relating to the pertinence of said patent nor as an admission concerning the disclosure 
or other applicability of said patent. U.S. Patent No. 3,287,695 is merely referred to as an 
example to show that the use of inverse filters, in some context, were known at the time of the 
invention of the instant application. 

Based on the above arguments, it is respectfully submitted that, contrary to the Examiner's 
assertion, the instant application provides enabling disclosure for the language "where at least 
partially removing comprises passing the received CDMA signal through a filter selected to have 
a filter characteristic that approximates an inverted amplitude or power response of the at 
least one of the transmit filter or the receive filter," as recited in claim 1 , for example. Based on 
the specification of the instant application and knowledge in the pertinent art, one of ordinary 
skill in the art at the time the invention was made would appreciate how to implement and 
practice exemplary embodiments of the invention, including those as recited in claims 1 -2, 10-14, 
16, 21-23, 25, 32 and 34-38. The instant application is enabling for the subject matter recited in 
these claims. It is respectfully requested that the §112, first paragraph, rejection of claims 1-2, 
10-14, 16, 21-23, 25, 32 and 34-38 be withdrawn by the Examiner. 
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B. "THAT USES A LEAST SQUARES CRITERION TO DERIVE..." 

The Examiner further argued that the language "wherein said at least partially removing 
comprises passing the received CDMA signal through a processing unit that uses a least squares 
criterion to derive the radio channel multi-path profile x from a searcher profile y, where y = F* x 
+ v, where v is a noise vector and F is a transmit/receive matrix," as recited in claim 4, for 
example, is not described in the specification in such a way as to enable one skilled in the art to 
make and/or use the invention. 

At page 10, lines 8-20, the instant application states: 

In an alternate embodiment shown in Fig. 3D a post-processor unit 500 operates 
on the profile output from block 204, and uses a least-squares criterion to derive 
the radio channel multi-path profile x from the searcher profile y, where y = F x 
+ v, where v is a noise vector and F is a transmit/receive matrix. In this 
embodiment the actual operation that is performed is a matrix multiplication, that 
is, x is derived from y by a relationship x = R " y . R is preferably derived through 
least squares, and can be fixed and computed off-line. 

Assuming that the blurring function has a span of 2k+l samples, and is given by 
fO, fl, £2k+l, the transmit/receive matrix F has the form shown in Fig. 5. 

The least squares criterion is to minimize the L2 norm of the vector v, and the 
problem then becomes one of finding x so that 1 1 y-F ' x 1 1 2 . The vector x may be 
derived as x=(F T ' F)' 1 * F T ' y, where T denotes a transpose operation and -1 
denotes an inverse matrix operation. 

Least squares is a well-known analysis method. FIG. 5 provides an example of the 
transmit/receive matrix F. One of ordinary skill in the art at the time the invention was made 
would appreciate what a noise vector (v) and radio channel multi-path profile (x) are and how to 
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utilize them in conjunction with the above-noted description so as to practice exemplary 
embodiments of the invention. 

The blurring function, which gives the form of the transmit/receive matrix F, as above, is 
described in the specification (as detailed above) as modeled at FIG. 4b. It is this blurring 
function which mathematically enables exemplary embodiments of the invention to derive FIG. 
4a from FIG. 4b. See page 8, line 29-page 9, line 7 of the application. Since in the subject 
equation y is the searcher profile (function) which produces FIG. 4a (by example), the matrix F 
removes the blurring at FIG. 4b so as to result in the desired multi-path profile of FIG. 4a. 

The least squares criterion is one approach to derive x from y, an example explicitly stated as 
"finding x so that | |y-F ' x| | 2 ." See page 10, lines 8-20, quoted above. Another example to 
derive x is stated at page 10, lines 25-27 for the LI norm as | |y-F * x| |=sigma| v„| . 

Based on the above arguments, it is respectfully submitted that, contrary to the Examiner's 
assertion, the instant application provides enabling disclosure for the language "wherein said at 
least partially removing comprises passing the received CDMA signal through a processing unit 
that uses a least squares criterion to derive the radio channel multi-path profile x from a searcher 
profile y, where y = F- x + v, where v is a noise vector and F is a transmit/receive matrix," as 
recited in claim 4, for example. Based on the specification of the instant application and 
knowledge in the pertinent art, one of ordinary skill in the art at the time the invention was made 
would appreciate how to implement and practice exemplary embodiments of the invention, 
including those as recited in claims 4-9, 17-20, 26-3 1 and 33. The instant application is enabling 
for the subject matter recited in these claims. It is respectfully requested that the §112, first 
paragraph, rejection of claims 4-9, 17-20, 26-31 and 33 be withdrawn by the Examiner. 
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III. INDEFINITE (SI 12, SECOND PARAGRAPH) 

The Examiner rejected claims 1-2, 10-14, 16, 21-23, 25, 32 and 34-38 under 35 U.S.C. §112, 
second paragraph, as being indefinite for failing to particularly point out and distinctly claim the 
subject matter which the Applicant regards as the invention. See pages 6-8 of the Office Action. 

Related to the above-noted § 1 12, first paragraph, rejections, the Examiner further asserted that, 
with respect to claims 1-2, 10-14, 16, 21-23, 25, 32 and 34-38, the language "a filter 
characteristic that approximates an inverted amplitude or power response" is vague and indefinite 
as the Examiner is unable to ascertain a clear meaning of the phrase. 

Based on the arguments presented above with respect to the § 1 1 2, first paragraph, rejection of the 
same claims, the language "a filter characteristic that approximates an inverted amplitude or 
power response," as recited in claim 1 , for example, is not vague or indefinite. Regardless of the 
Examinees ability to ascertain a clear meaning of the phrase, one of ordinary skill in the art at the 
time the invention was made would appreciate what is meant by this language and would not find 
it to be vague or indefinite, particularly in view of the specification of the instant application, also 
as described in the arguments above with regards to the §112, first paragraph, rejection of the 
same claims. 

It is respectfully submitted that, contrary to the Examiner's assertion, and regardless of the 
Examiner's ability to interpret and understand the language at issue, the language "where at least 
partially removing comprises passing the received CDMA signal through a filter selected to have 
a filter characteristic that approximates an inverted amplitude or power response of the at 
least one of the transmit filter or the receive filter," as recited in claim 1, for example, is not 
vague or indefinite since, based on the specification of the instant application and knowledge in 
the pertinent art, one of ordinary skill in the art at the time the invention was made would 
appreciate the meaning of this language and how to implement and practice exemplary 
embodiments of the invention, including those as recited in claims 1-2, 10-14, 16, 21-23, 25, 32 
and 34-38. It is respectfully requested that the § 1 12, second paragraph, rejection of claims 1-2, 



17 



S.N.: 10/743,851 
Art Unit: 2611 



Office Action Dated October 17, 2007 



10-14, 16, 21-23, 25, 32 and 34-38 be withdrawn by the Examiner. 



IV. CONCLUSION 

The Examiner is respectfully requested to reconsider and remove the rejections of claims 1 , 2, 4- 
14, 16-23 and 25-38 under 35 U.S.C. §112 and to allow all of the pending claims as now 
presented for examination. For all of the foregoing reasons, it is respectfully submitted that all of 
the claims now present in the application are clearly enabled by the specification and would not 
be construed as vague or indefinite by one of ordinary skill in the art at the time the invention was 
made. Should any unresolved issue remain, the Examiner is invited to call Applicant's agent at 
the telephone number indicated below. 

Respectfully submitted: 



Reg. No.: 59,071 

Customer No.: 29683 

HARRINGTON & SMITH, PC 
4 Research Drive 
Shelton, CT 06484-6212 
Telephone: (203) 925-9400 
Facsimile: (203) 944-0245 
E-mail : astern@hspatent . com 
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CERTIFICATE OF MAILING 



I hereby certify that this correspondence is being deposited with the United States Postal Service 
as first class mail in an envelope addressed to: Mail Stop Amendment, Commissioner for Patents, 
P.O. Box 1450, Alexandria, VA 22313-1450. 

Name of Person Making Deposit Date 
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SELF-ADJUSTING INVERSE FILTER 
Maurice E. Taylor, Monroeville, Pa., assignor to Gulf 
Research & Development Company, Pittsburgh, Pa., a 
corporation of Delaware 5 
Filed June 22, 1964, Ser. No. 376,981 
12 Claims. (CL 340— 15.5) 

This invention relates to electrical signal processing sys- 
tems and in particular relates to an automatic self-adjust- 1Q 
ing inverse filter that is particularly advantageous for use 
in the seismic geophysical prospecting art. 

In seismic geophysical operations it is common to ex- 
plode a charge of dynamite at or near the surface of the 
ground and to pick up the resulting earth tremors at 15 
spaced points by means of geophones whose electrical sig- 
nals are amplified and recorded for subsequent analysis. 
The analysis of the recorded seismic signals is usually 
performed at a central processing facility where the sig- 
nal is subjected to a number of operations whose purpose 20 
is to sort out and identify the useful seismic impulses from 
a background of extraneous noise, which noise although 
originating at the shot point is of such a character as not 
to give any useful geological information. In general the 
problem is one of improving the signal-to-noise ratio of 25 
seismic reflections in order that the reflections may be 
more clearly resolved and accurately timed in such a way 
as to provide the maximum amount of subsurface geologi- 
cal information. It has further been found advantageous 
in seismic prospecting to record the received signals in 30 
high fidelity form, that is to record all received signals in 
a reliable manner and to perform the necessary proc- 
essing operations to upgrade the seismogram at a sub- 
sequent time. For this purpose the seismograms are gen- 
erally recorded on magnetic tape in conventional manner 35 
and the tape may subsequently be played back repeatedly 
with appropriate processing apparatus. This invention 
pertains to a seismogram analysis method and apparatus 
that materially improves the usefulness of a seismic re- . 
flection seismogram. 40 

It is well known that a subsurface explosion such as that 
produced by a charge of dynamite exploded in a shot hole 
contains substantially all frequency components over a 
wide range. It is further well known that the earth 
tremors commonly recorded at a distant location do not 45 
contain all frequencies, and it is recognized that many fre- 
quencies have been attenuated somewhere in the inter-: 
vening transmission system. One may conclude that the 
transmission system, namely, the earth, has filtered the 
signal. Both the degree and the nature of the filtering is 50 
known to vary materially from place to place. It is com-, 
rhonly found that the recorded seismic signal is relatively 
deficient in low frequencies and also relatively deficient 
in high frequencies. The deficiency in low frequencies 
usually results from instrumental limitations, whereas the 55 
deficiency in high frequencies results directly from earth 
attenuation. In the processing of reflection seismograms 
it is desirable to compensate for earth and instrument 
filtering in order to restore, at least within practical limits, 
the same signal impulse as originated at the shot point 60 

Various means have been suggested in the prior art 
for upgrading, i.e. improving the signal-to-noise ratio of 
a reflection seismogram, but all of these systems are de- 
ficient in one or more respects. In particular it is com- 6g 
mon to subject the high-fidelity seismic signal, as recorded . 
on magnetic tape and reproduced therefrom, to filtering 
in order to accentuate certain frequencies which are 
thought to characterize the reflections. While this has 
been capable of improving the record to some extent, it is 70 
recognized that the filter itself may cause complication in 
the nature of phase shifts, pulse tailing, etc. Correlation 



techniques have also been employed in order to identify 
the reflections from one seismogram to the next, but these 
are time-consuming and laborious techniques which re- 
quire preliminary processing if advantageous results are 
to be obtained. 

It is apparent that if the earth is considered as a filter 
acting on the seismic impulse as it traverses the earth 
between the shot point and geophpne, one may conceive 
of a filter which would have the inverse characteristic 
of the earth filter. By transmitting the received seismic 
signal through such an inverse filter one may obtain a re- 
constructed seismogram in which the original seismic im- 
pulse, namely a relatively sharp impulse signal, is repro- 
duced at each reflection. Such impulses can be shown to. 
have the sharpest correlation function when correlation 
techniques are employed, and such impulses are in any 
case more easily identified on a seismogram than a decay- 
ing-wave-train type of impulse. Furthermore, the on-set 
of such a sharp impulse can be determined with a higher 
degree of precision than the much more gentle on-set of 
a wave train. 

A series difficulty arises in attempting to provide an in- 
verse filter of the above-mentioned type in that the char- 
acter of the earth filter varies from place to place in an 
unknown manner. Inasmuch as the first (earth) filter is 
unknown, the nature of its inverse is also unknown. 
Whereas attenuation equalizers ' may be employed to re- 
store the various frequency components in the seismic 
signal, for example, as disclosed in copending applica- 
tion by Maurice E. Taylor filed September 29, 1961, un- 
der Ser. No. 141,724, now United States Patent No. 
3,150,327, such attenuation equalizers are limited in the 
precision of equalization which they can accomplish, be- 
cause the frequency band on which they operate is of 
fixed shape. Furthermore, such attenuation equalizers, 
while satisfactory to the extent of restoring attenuated 
frequency components, are incapable of restoring these 
components in the original phase relationship so that the 
seismogram processed through such an equalizer requires 
further improvement. Such improvement is obtained by 
employing the present invention in conjunction with an 
attenuation equalizer or other known seismic signal proc- 
essing equipment. 

It is a purpose of this invention to provide a method 
and apparatus for inverse filtering of a seismogram pre- 
viously filtered by transmission through the earth in such 
manner that the inverse filtering is automatically self- 
adjusted to the proper characteristic. 

It. is a further object of this invention to provide a" 
seismogram-processing system in which frequency com- 
ponents attenuated by transmission through the earth are 
automatically restored both in amplitude and phase rela- 
tion. 

It is a further object of this invention to provide an 
automatically self-adjusting inverse filter for a seismic 
signal processing system which results in a seisnipgrarn 
of improved reflection character. 

It is a further object of this invention to provide ian 
automatically seliVadjusting inverse filter tha thas a mini- 
mum phase correction. 

It is a further object of this invention to provide an 
automatically self-adjusting inverse filter in, which both 
the dominant frequency, and the slopes of both sides of 
the response curve are automatically adjusted. 

It is a further object of this invention to provide a 
method of adjusting the frequency response of ah inverse 
filter by. adjusting the dominant frequency and. separately 
adjusting the slopes of both sides of the response curve. 

These and other objects of this invention are attained 
by the method and apparatus disclosed in this specification 
with reference to the accompanying drawings forming a 
part thereof, and in which 
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FIGURE 1 is a functional block diagram showing the 
interrelation of the various elements employed in this 
invention; 

FIGURE 2 is an example of a typical earth filter fre- 
quency characteristic for which an inverse filter is auto- 5 
matically provided by this invention; 

FIGURE 3 is an example of the frequency character- 
istic of the inverse filter automatically provided by this 
invention; 

FIGURE 4 illustrates the frequency characteristic of 10 
a band-absorption -filter section employed in this inven- 
tion; 

FIGURE 5 is an idealized diagram of the frequency 
characteristic of one of the high-emphasis filter sections 
employed in this invention; 15 

FIGURE 6 is an idealized diagram of the frequency 
characteristic of one of the low-emphasis filter sections 
employed in this invention; 

FIGURE 7 is a schematic wiring diagram of the band- 
absorption filter and its frequency determining and con- 20 
trol network as employed in this invention; 

FIGURE 8 is a graph showing the relationship between 
control current and dominant frequency for the band- 
absorption filter employed in this invention; 

FIGURE 9 is a schematic wiring diagram of the high- 25 
emphasis filter section employed in this invention; 

FIGURE 10 is a schematic wiring diagram of the low- 
emphasis filter section employed in this invention; 

FIGURE 11 is a biock diagram of the frequency an- 
alyzer and control system employed to control the high- 30 
emphasis and the low-emphasis filter sections employed 
in this invention; 

FIGURE 12 is a graph showing the frequency response 
of the filter elements of the frequency analyzer of this 
invention; 35 

FIGURE 13 is a schematic wiring diagram of a narrow 
band-pass filter employed in the frequency analyzer of 
this invention; 

FIGURE 14 is a schematic wiring diagram of a com- 
parator such as is employed in this invention; 40 

FIGURE 15 is a schematic wiring diagram of a trigger 
circuit such as is employed in this invention; 

FIGURE 16 is an example of actual response curves 
obtained with a high-emphasis filter section employed in 
this invention; 45 

FIGURE 17 is an example of actual response curves 
obtained with a low-emphasis filter section employed in 
this invention; and 

FIGURE 18 is a table indicating interconnection be- 
tween the frequency comparators and the control ele- 50 
ments of the high-emphasis and the low-emphasis filter 
sections of this invention. 

It has been found that the filter representative of the 
earth varies substantially from place to place and is even 
different for each detector signal when arising from a 55 
common shot point. The earth filter as the term is used 
herein includes filtering resulting from transmission of 
the seismic impulse through the earth and also includes 
other effects such as that caused by weathered ground at 
the shot hole, the detector plant, instrumentation, etc. 60 
The variations in the nature of earth filtering account for 
changes in character of a seismogram record from trace 
to trace and in time (depth). These changes are known 
to be quite subtle and it is often found that while the 
peak frequency of the earth filter characteristic may re- 05 
main substantially the same from record to record, the 
width of the band and the slope of its sides varies suffi- 
ciently from record to record and also with time to re- 
quire a different type of inverse filter for each record 
trace and at each instant of time. Accordingly the 70 
inverse filter must not only be capable of adjustment 
with respect to predominant frequency but the slope of 
the frequency characteristic must be adjustable, pref- 
erably independently adjustable on the high-frequency 
side and on the low-frequency side. In this invention 75 



4 

the predominant frequency of the inverse filter is contin- 
uously automatically adjusted and the slopes of both the 
high frequency and the low frequency sides are also con- 
tinuously automatically and separately adjusted so as 
to flatten the frequency spectrum of the output signal. 
Furthermore, the electrical networks employed in the in- 
verse filter of this invention are all of a so-called mini- 
mum-phase correction type, so that their combination as 
herein employed results in a minimum phase' correction 
processing system which over the desired frequency band 
restores not only the amplitude characteristic but also the 
phase characteristic of the seismogram. The seismogram 
may, of course, be subjected to conventional techniques 
for suppressing noise and these do not interfere with the 
present invention. 

In this invention the reproduced seismogram is trans- 
mitted through a cascade of filters each of which functions 
to provide an inverse filtering effect such that the com- 
bined effect of the cascade very closely approximates the 
required inverse filter. Three groups of filter elements 
are employed, each filter element comprising an opera- 
tional amplifier circuit having an adjustable element in 
its feedback or input circuit which elements are individ- 
ually automatically adjusted in a prescribed way to be 
explained. 

The first group of filter elements provides a relatively 
narrow band-absorption type of filtering effect. The pre- 
dominant frequency of the band is continuously automat- 
ically adjusted by controlling the impedance of a sat- 
urable core reactor in the filter network. The control 
current through the saturable core reactor is obtained 
from a frequency determining network that senses the pre- 
dominant frequency of the input signal. It has been 
found that one such band-absorption filter element usually 
suffices but two or more may be employed. 

A second group of filter elements comprises a plurality 
of high-emphasis filter sections having a controlled low- 
frequency asymptote. The sharpness of the transition 
from the low to high frequency response is continuously 
automatically adjusted by controlling the height of the 
low-frequency asymptote. This is accomplished by con- 
trolling one of the feedback resistors of the operational 
amplifier network. The adjustment is accomplished in 
steps by effectively connecting additional shunts in paral- 
lel with the controlled resistor. A substantial number of 
such filter sections is employed, as for example, seven 
such high-emphasis sections, each of which has a plurality 
of adjustments as to the height of its low-frequency 
asymptote. 

A third group of filter elements comprises a plurality 
of low-emphasis filter sections whose high-frequency 
asymptote is adjustable. The sharpness of the transition 
from low to high frequency response is continuously 
automatically adjusted by controlling the height of the 
high-frequency asymptote, this being accomplished in 
steps by connecting shunting resistors in .parallel with 
one of the feedback resistors in the feedback circuit of 
the operational amplifier network. A number of such low- 
emphasis filter sections is employed, as for example, three 
such units, each of which has a plurality of adjustments 
as to the height of its high-frequency asymptote. 

The high-emphasis and low-emphasis filter sections rep- 
resent a substantial number of control points each of 
which is provided with control means actuated in response 
to signals from a multiplicity of parallel-connected nar- 
row band-pass filters connected thereto. The multiplicity 
of narrow band-pass filters serves to perform a frequency- 
amplitude analysis of the signal. The outputs of the 
respective band-pass filters are rectified and the rectified 
outputs are compared in pairs, the comparison signals 
being then employed to actuate trigger circuits that serve 
to close circuits to the appropriate shunting resistors in 
the respective high-emphasis and/or low-emphasis filter 
sections, thereby to continuously automatically adjust the. 
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overall frequency characteristic of the system to con- 
form to the required inverse filter. 

Since it is known that the earth filtering attenuates the 
very high frequencies and the very low frequencies, it 
is apparent that the frequency characteristic of the earth 5 
filter may be represented by a curve whose shape is that 
of a smooth hump. Accordingly, the inverse filter will 
have a frequency characteristic having a depression or 
valley in order to flatten the resulting frequency spectrum. 
The characteristic of the inverse filter may be described 10 
as having a dominant frequency which corresponds to 
the peak frequency of the earth filter, the term "dominant 
frequency" referring to the bottom of the depression or 
valley in the inverse filter response curve. Similarly the 
inverse filters which have high-frequency emphasis and 15 
low-frequency emphasis characteristics will be referred 
to as "high emphasis" and "low emphasis" filters respec- 
tively in order to identify the type of filter that is meant. 
Each high-emphasis and each low-emphasis filter section 
has a transition frequency at the respective transition 20 
from low-frequency response to high-frequency response 
or vice versa. 

FIGURE 1 is a block diagram that shows the various 
parts of the invention in its preferred embodiment and 
the functional interrelationships of the respective parts. 25 
The inverse filter comprises a cascade of filter sections 
1 to 8 inclusive and includes three types of filter sections 
identified as A, B, and C. Input signal is applied at ter- 
minal 10 and is transmitted in cascade through the suc- 
cessive filter sections 1 to 8 to an output terminal 12. 30 
Each type A, B, or C filter may comprise one or a plu- 
rality of similar type sections. By way of example only 
and not by way of limitation, there are illustrated two 
type A sections, three type B sections, and three type C 
sections. It is well known that in a filter cascade such 35 
as shown in FIGURE 1 the frequency response of the 
entire filter network is the product of frequency responses 
of all the respective filter sections. Each section is pro- 
vided with a control means indicated by elements 11 and 
13 to 18 inclusive. A common control 11 is shown for 40 
the type A sections but this is not essential and each type 
A section may have its own control. A common control 
19 is shown for all the type B and type C sections, but 
each type may have its own control, or each section may 
have its own control. 45 

The type A filter sections 1, 2, and others like them if 
needed, are band-absorption filters having a frequency 
characteristic similar to curve 30 of FIGURE 4 to which 
further reference will be made later. The dominant fre- 
quency / 0 of the type A filter section is determined by the 50 
band-absorption frequency control 11 which receives its 
input signal from the input terminal 10 of the cascade. 

The type B filter sections 3, 4, 5, and others like them 
if needed, are high-emphasis filter sections, each having 
a -frequency characteristic similar to curve 32 of FIG- 55 
URE 5 to which further reference will be made later. 
The type B filter sections 3, 4, 5, etc. have different pre- 
determined fixed transition frequencies fu fit h> etc. The 
low-frequency asymptote or minimum pass amplitude, i.e. 
the minimum percent transmission of each type B filter qq 
section, "is controlled by a minimum pass amplitude con- 
trol illustrated by 13, 14, 15 and others like them if more 
type B filter sections are employed. The minimum pass 
amplitude control units 13, 14, IS, receive their input 
from frequency analyzer unit 19 connected to the output 05 
terminal 12 of the cascade. 

The type C filter sections 6, 7, 8, and others like them 
if needed, are low-emphasis filter sections each having 
a frequency characteristic similar to curve 42 of FIGURE 
6 to which further reference will be made later. The 70 
type C filter sections 6, 7, 8, etc; have different predeter- 
mined fixed transition frequencies fu / 2 , h, etc. The 
high-frequency asymptote or minimum pass amplitude, . 
i.e. the minimum percent transmission of each type C 
filter section, is controlled by a minimum pass amplitude 75 
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control illustrated by 16, 17, 18 and others like them if 
more type C filter sections are employed. The minimum 
pass amplitude control units 16, 17, and 18 receive their 
input from frequency analyzer 19 connected to the output 
terminal 12 of the cascade. It is convenient to use a 
common frequency analyzer 19 to actuate all the mini- 
mum pass amplitude controls 13 to 18, but this is not 
essential and separate frequency analyzers may be em- 
ployed for each group of filter sections or each filter sec- 
tion if desired. Examples of each of the elements shown 
in FIGURE 1 and how they accomplish their respective 
functions will be explained in detail later. 

Referring now to FIGURE 2 there is illustrated by 
curve 21 the frequency characteristic of a typical earth 
filter. The curve 21 will be referred to as characteristic 
of the earth filter, but this may include also the effect of 
the seismic detector plant and other effects known to be 
dependent on the nature of the earth. The curve 21 
shows the amplitude of the received seismic signal as a 
function of frequency. It is noted that the curve has a 
maximum at frequency 22 (herein termed the predominant 
frequency) and gradually falls substantially to zero at 
very high and very low frequencies. It has been found 
that the dominant or peak frequency 22 varies from place 
to place and with time, but is usually in the range between 
10 and 100 c.p.s. The peak of the curve is known to be 
relatively sharp in some localities and quite broad in other 
localities. The peak frequency and the width of the 
band also vary with time. Moreover, the slope of the 
low-frequency side 23 usually differs from that of the 
high-frequency side 24 and both slopes vary with loca- 
tion and with time. Accordingly, a filter that has a char- 
acteristic that is the inverse of curve 21 must take these 
factors into consideration. 

FIGURE 3 illustrates in curve 20 the frequency char- 
acteristic of a filter whose characteristic is the inverse of 
curve 21 of FIGURE 2. Curve 20 shows the pass char- 
acteristic of the inverse of the filter having the pass char- 
acteristic represented by curve 21 of FIGURE 2, the in- 
verse filter serving to flatten the frequency spectrum. 
The frequency characteristic curve 20 of the inverse filter 
shows a dominant frequency 22 that is the same frequency 
as 22 of curve 21 of FIGURE 1. It is apparent that in 
order to flatten the frequency spectrum, the curve 20 is 
the reciprocal of curve 22 so that the product of the 
ordinates of these curves is a constant. 

In the method of this invention the dominant frequency 
of the inverse filter is adjusted to match the dominant fre- 
quency 22 of the curve 21 of FIGURE 2, and the slopes 
of the two sides of the response curve of the inverse filter 
are separately adjusted to match the slopes of the sides 
23 and 24 of the curve of FIGURE 2. In this manner 
the curve 20 of FIGURE 3 is attained. As will become 
evident, the respective adjustments are made continuously 
and automatically. In providing an adjustable inverse 
filter several considerations are taken into account In 
this invention the desired filter characteristics are . attained 
by cascading a number of filters that are independently 
adjustable. It is well known that the frequency response 
curve of a series-connected cascade is proportional to the 
product of the respective response curves. It has been 
found that the filtering effect of the earth is relatively 
sharp and in any general area usually centers about a 
specific frequency herein termed the dominant frequency. 
However, the slope of the frequency characteristic repre- 
senting the pass band of the earth varies, substantially from 
place to place even in the same locality. In this invention 
the proper inverse filter is obtained by. providing a band- 
absorption filter, the slopes of whose sides are independ- 
ently adjustable. In this invention this is accomplished 
by employing a band-absorption filter cascaded with a 
number of high-emphasis filter sections and low-emphasis 
filter sections which serve to broaden or narrow the band 
of the band-absorption filter as best explained by reference 
to FIGURES 4, 5, and 6. 
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In order to provide a filter having a frequency charac- 
teristic curve of the type illustrated by curve 20 of FIG- 
URE 3, this invention employs a first filter having an at- 
tenuation band of FIGURE 4 whose dominant frequency 
f 0 is at the desired frequency 22. The frequency / 0 is 
continuously automatically adjusted by controlling the in- 
ductance of a saturable-core inductor in the tuned circuit 
of the band-absorption filter section as will become evident 
•later. An example of such a band-absorption filter char- 
acteristic is illustrated by curve 30 of FIGURE 4 having 
a dominant frequency / Q . In order to control the high- 
frequency limb 26 (FIGURE 3) of the cascaded combi- 
nation of filter sections shown in FIGURE 1, the filter 
section whose characteristic is given by curve 30 is cas- 
caded with a high-emphasis filter section having a charac- 
teristic exemplified by the curve 32 of FIGURE 5, the 
transition frequency of the filter represented by curve 32 
being at a predetermined frequency / x (different from / Q ). 
The characteristic curve (not shown) of the cascade filter 
made up of filter sections having characteristic curves 30 
and 32 will, of course, be the product of these curves. 
The high-frequency side of the combination characteristic 
is automatically adjusted by controlling the filter whose 
characteristic is exemplified by curve 32. In order to pro- 
vide the required adjustment possibilities in the cascaded 
circuit, the magnitude 34 of the low-frequency asymptote 
(minimum pass amplitude) of curve 32 is made adjustable 
as indicated by the family of dotted curves 35. It is ap- 
parent that a filter having a characteristic curve similar to 
32 but with its minimum pass amplitude only slightly less 
than its maximum pass amplitude, as for example curve 
36, will when cascaded with a filter having a response 
characteristic of curve 30, produce little or no effect on the 
combined frequency characteristic. On the other hand, 
a filter having the characteristic of curve 32 with a low 
minimum pass amplitude, such as 34, will have a profound 
effect on the high-frequency limb of the response charac- 
teristic of the cascaded combination. Accordingly, in this 
invention the slope of the high-frequency portion 26 of 
curve 20 (FIGURE 3 ) is adjusted by cascading a plurality 
of high-emphasis filter sections whose characteristic is 
similar to curve 32, said high-emphasis filters having a 
variety of different predetermined transition frequencies 
33, identified as A, / 2 , fz, etc., each such filter section hav- 
ing an adjustable minimum pass amplitude 35. It is ap- 
parent that any particular one of the high-emphasis filter 
sections having a transition frequency 33 can be made to 
have negligible effect on the cascaded combination by ad- 
justing this section to have a characteristic curve similar to 
curve 36, or the section can be made to have substantial 
effect by adjusting the section to have a characteristic 
curve similar to 32. It has been found that seven high- 
emphasis sections with different transition frequencies f u 
/a. h> etc., each with six different minimum-pass amplitude 
adjustments provides sufficiently accurate adjustment for 
all ordinary seismic operations. 

Similarly in order to control the low-frequency limb 25 
(FIGURE 3) of the cascaded combination of filter sec- 
tions shown in FIGURE 1, the cascade includes a low- 
emphasis filter section having a characteristic exemplified 
by curve 42 of FIGURE 6, the transition frequency of 
the filter represented by curve 42 being at a predetermined 
frequency 43 identified as /_! (different from / Q ). In 
order to provide the required adjustment possibilities in 
the cascaded circuit the magnitude 45 of the high-fre- 
quency asymptote (minimum pass amplitude) of curve 42 
is made adjustable as indicated by the family of dotted 
curves in FIGURE 6. It is apparent that a filter having 
a characteristic curve similar to 42 but with its minimum 
pass amplitude only slightly less than its maximum pass 
amplitude, as for example curve 46, will when cascaded 
with a filter having a characteristic curve 30 produce little 
or no effect on the combined frequency characteristic. 
On the other hand, a filter having the characteristic of 
curve 42 with a low minimum pass amplitude such as 44 



will have a profound effect on the low-frequency limb of 
the response characteristic of the cascaded combination. 
Accordingly, in this invention the slope of the low-fre- 
quency limb 25 of the curve 20 (FIGURE 3 ) is adjusted 

5 by cascading a plurality of low-emphasis filter sections 
whose characteristic is similar to curve 42, said low-em- 
phasis filters having a variety of different predetermined 
transition frequencies 43, ' identified as /_2» etc., 
and each having an adjustable minimum pass amplitude 45. 
It is apparent that any particular one of the low-emphasis 
filter sections having a transition frequency 43 can be 
made to have negligible effect on the cascaded combina- 
tion by adjusting this section to have a characteristic curve 
similar to curve 46, or the section can be made to have 

15 substantial effect by adjusting the section to have a charac- 
teristic curve similar to 42. It has been found that three 
low-emphasis sections with different transition frequencies 
fi, h> hi each with six different minimum-pass amplitude 
adjustments provide sufficiently accurate adjustment for 

20 all ordinary seismic operations. The characteristic curve 
of the total cascaded combination will be the product of 
all three (types A, B, and C) individual characteristic 
curves (30, 32, and 42), and can be made to approach 
curve 20 of FIGURE 3 very closely. 

25 The method of which this invention provides automatic 
control of the various filter sections 1 to 8 (FIGURE 1) 
will now be evident. The type A filter sections are con- 
tinuously adjusted to make their common dominant fre- 
quency f Q coincide with the frequency 22 by means of fre- 

30 quency control unit 11. The high-frequency limb 26 of 
the desired inverse filter curve is obtained by making the 
type B high-emphasis section having the appropriate tran- 
sition frequency f l9 h, / 3 , etc., effective by switching it to 
have a low minimum pass amplitude, while those high- 

35 emphasis sections that are not desired to be effective are 
switched to have a high minimum-pass amplitude. The 
low-frequency limb 25 of the desired inverse filter curve 
20 is obtained by making the type C low-emphasis section 
having the appropriate cutoff frequency jL.2> /-3. etc., 

40 effective by switching it to have a low minimum-pass 
amplitude, while those low-emphasis sections that are not 
tude, while those low-emphasis sections that are not 
desired to be effective are switched to have a high mini- 
mum-pass amplitude. The switching is done by the mini- 

45 mum-pass controls 13 to 18 of FIGURE 1 under con- 
tinuous control of frequency analyzer 19 as will be de- 
scribed in detail later. 

The curves of FIGURES 5 and 6 are highly idealized 
in order to illustrate the principles of the invention. Prac- 

50 tical considerations limit the actual response curves exem- 
plified in FIGURES 5 and 6 to families of curves gener- 
ally similar to those shown, but in which complete in- 
dependence of the transition frequencies and the minimum- 
pass amplitude may not be achieved. Such complete in- 

55 dependence is not essential for successful operation ot 
the invention, and it will suffice if there is provided a 
plurality of high-emphasis sections and a plurality of low- 
emphasis sections, each plurality comprising members with 
a variety of different transition frequencies covering the 

00 range of interest and a variety of minimum-pass ampli- 
tudes over a sufficient amplitude range to be effective in 
changing the slope of the response curve for the cascaded 
combination. Examples of actual type B and type C filter 
section response curves will be referred to later. On 

05 the other hand the type A filter sections easily provide 
substantially the idealized response curve shown in FIG- 
URE 4. 

In both the high-emphasis filter sections whose response 
characteristics are similar to curve 32 of FIGURE 5, and 

70 in the low-emphasis filter sections whose characteristics 
are similar to curve 42 of FIGURE 6,. the minimum-pass 
amplitude is switched by automatically changing the re- 
sistance of a resistive component in the respective filter 
circuits, the necessary resistance change being determined 

75 from a circuit which analyzes the frequency content of 
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the signal. A further consideration is that each of the feedback. The shape of the type A filter characteristic, 

cascaded niter sections represented by the curves 30, 32, and the dominant frequency / 0 of each of filter sections 1 

and 42 is designed to be a minimum phase correction type and 2, are determined by the value of elements 51, 52, 

of filter for the frequency range of interest, whereupon and 53. The dominant frequency f Q of each of the filter 

the cascaded system will also have a m inim u m phase cor- 5 sections 1 and 2 is controlled by a D.-C. control signal and 

rection over the operating frequency range. This is an applied at terminal 60. Elements 51, 52, and 53 are de- 

important characteristic of the system of this invention. signed so that the network of amplifiers 49 and 50 will 

The minimum phase correction property is not character- provide the broadest absorption band desired, Le. one that 

isu'c of many complex filter systems such as are necessary matches the . broadest earth filter (21 of FIGURE 2) ex- 

for inverse filtering, but the inverse filter of this invention jq pected. In the event that additional type A filter sections 

has this important and desirable property. similar to 1 and 2 are cascaded, the output signal from 

FIGURES 7, 9, and 10 show schematic wiring diagrams lead 59 is transmitted through as many such filter sec- 

of the respective cascaded types A, B, and C filter circuits tions as necessary in order to attain the desired sharpness 

employed in the inverse filter of this invention. As previ- of the absorption band. 

ously indicated, each of the filters A, B, and C may com- 15 The inductance 53 is a saturable-core device whose in- 
prise a plurality of filter sections. Each filter section com- ductarice may be controlled by means of direct current in 
prises one or more operational amplifiers each of which a control coil 53b that is wound on the same core as in- 
has an appropriate feedback connection to provide the ductance 53. Such devices are well known in the seismic 
desired characteristic. Inasmuch as the peak amplification prospecting art and are described, for example, in United 
of each operational amplifier network is substantially 20 States Patents 2,867,779, 2,911,600, and 2,952,933. The 
unity, there will be substantially no overall attenuation control coil 53b has one terminal grounded as indicated 
through the system and the only attenuation will be that and the other terminal is supplied with direct current from 
essential to obtain the filter characteristic desired. Fur- lead 60 through a nonlinear device 61 and adjustable re- 
thermore, since each of the filter circuits is of a minimum sistor 62 whose functions will become evident later, 
phase correction type, there will result only minimum '25 The filter control circuit 11 comprises a network in- 
phase displacement for operating frequencies transmitted eluding a number of operational amplifiers that are con- 
through the cascaded system. A substantial number of nected in conventional circuits required to perform the 
operational amplifiers is employed, but this is of minor necessary functions to develop at terminal 60 the appro- 
consequence since the equipment is designed for a central priate D.-C. control current. % The control current has its 
office processing facility, and modern solid-state opera- 30 largest value when it is desired that the inductance 53 
tionai amplifiers are very small, require only small have a low value so as to provide a high dominant fre- 
amounts of power, and are relatively inexpensive. FIG- quency f Q on the curve. The circuits of operational ami 
URE 7 shows the circuit of two type A band-absorption plifiers 65 and 66 are clipper circuits. The input to am- 
filter sections and their dominant frequency control cir- plifier 65 is connected to the incoming seismic signal (ter- 
cuit. FIGURE 9 shows the circuit of two type B high- 35 minal 10) through blocking condenser 63 and input re- 
emphasis filter sections having different transition fre- sistor 64. The positive input terminal of amplifier 65 is 
quencies and the manner of controlling their minimum grounded as shown, and the negative input circuit con- 
pass amplitudes. FIGURE 10 shows the circuit of two tains feedback resistor 70. The output circuit is pro- 
type C low-emphasis filter sections having different tran- vided with load resistor 67 connected to ground through 
sition frequencies, and the manner of controlling their 40 a pair of Zener diodes 68 in back-to-back connection as 
minimum pass amplitudes. The input signal is applied indicated. The junction of elements 67 and 68 is con- 
at terminal 10 (FIGURE 7) and is transmitted through nected to the .positive input terminal of amplifier 66. The 
the filters in cascade to output terminal 12 (FIGURE 9), circuit of amplifier 65 performs an amplifying and clip- 
the return being to ground in each case as indicated. ping function which is further developed in the circuit of 
In FIGURE 7 the elements inside the dotted outlines 45 amplifier 66. The negative input terminal of amplifier 66 
1 and 2 are two typical type A filter sections proper, and has resistors 71 and 72 which serve to fix the gain, and 
the elements in the dotted outline 11 comprise the fre- the output circuit of amplifier 66 is provided with Zener 
quency-control unit for filter sections 1 and 2. Since fil- diodes 69 in a back-to-back connection as indicated. The 
ter sections 1 and 2 are identical, the same numerals are signal at the junction of elements 73 and 69 is a substan- 
used to identify like elements. The frequency character- 50 tially rectangular wave form whose zero crossings co- 
istic of the cascaded group A filter sections is that in- incide with the zero crossings of the seismic signal applied 
dicated in FIGURE 4 by curve 30. FIGURE 7 shows two to terminal 10. 

cascaded type A filter sections whose combination has the Operational amplifier 75 has its positive input termi- 
characteristic 30, but it is apparent that additional such K - pal grounded as shown, and its negative input circuit is 
filter sections may be cascaded if it is desired to attain connected through resistor 74 to the junction of elements 
a narrower absorption band in the type A portion of the 73 anti 69. In the feedback circuit of amplifier 75 the 
system. Input signal is applied at terminal 10 with re- condenser 76, resistor 77, and resistor 78 provide a limited 
turn to ground as indicated. Each type A filter section degree of integration in the frequency region of interest, 
(1 and 2 of FIGURE X) comprises two operational am- an namely, from about 10 to 70 c.p.s. Operational amplifier 
plifiers 49 and 50, having in the coupling circuit between 8 <*> together with rectifiers 81 and 82 connected in its in- 
them resistor 51, condenser 52, and inductor 53 connected put circuit as shown, provides full-wave rectification of 
as shown in FIGURE 7. Inductor 53 is of the saturable- tne integrated signal, so that the voltage at point 87 rep- 
core variable-inductance type whose inductance is con- resents the absolute value of the integrations performed 
trolled in a manner to be described. The frequency-de- fl5 by the circuit of amplifier 75. The gain of amplifier 80 
termining network 11 to be described in detail later con- is fixed by resistors 84 and 85. The signal at junction 87 
trols the inductances 53. Output from the fiiter section is substantially D.-C. and is positive with respect to 
1 is transmitted by lead 56 to filter section 2. The net- ground. 

work of amplifiers 49 and 50 provides a band-absorption In order to provide smooth D.-C. of sufficient power 
type of frequency characteristic. The circuit of amplifier to control the variable inductors 53 in the filter sections 
49 has input resistor 48 and feedback resistor 54. The - 1 and 2, a smoothing and driving circuit comprising op- 
gain of amplifier 50 is fixed by resistor 55 in the negative era tionai amplifiers 88 and 89 is provided. Amplifier 89 
side of its input with feedback resistor 57. . Amplifier 50 serves as a current booster. The feedback circuit of these 
provides frequency-dependent feedback to the input of amplifiers comprises resistor 90 and condenser 91 which 
amplifiers 49 and resistor 58 determines the amount of 75 provides the circuit with an integrating effect that smooths 
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out voltage fluctuations. The time constant of the circuit 
comprising resistor 90 and condenser 91 is adjusted to a 
suitable value which for seismic operation is in the neigh- 
borhood of .03 to 0.3 second. The positive input termi- 
nal of amplifier 88 is connected to ground through a D.-C. 
bias circuit comprising battery 92 and potentiometer 93. 
The circuit of amplifiers 88 and 89 supplies current to a 
plurality of control coils such as 536 and accordingly is 
designed to have a low output impedance, for example in 
the order of V£ ohm. 

A typical curve that relates current in the control coil 
536 to the dominant frequency f Q of the type A filter sec- 
tion is illustrated in FIGURE 8. It is apparent from curve 
96 that a large current in the control coil 536 is required 
to produce a high dominant frequency f Q for the section. 
The curve 96 is not a straight line, and in order for the 
filter section to properly "track" the frequency of the in- 
put signal at terminal 10, the current supplied by control 
unit 11 for any given input frequency must vary with fre- 
quency in an inverse manner from that of curve 96. This 
is accomplished by means of the non-linear device 61 and 
the resistor 62 in series with the control coil 536. The 
intercept adjustment is facilitated by means of the poten- 
tiometer 93. It has been found that by using for element 
161 a plurality of rectifiers one may obtain sufficiently ac- 
curate frequency tracking for all practical purposes. 
Tracking can be tested by disconnecting the input of con- 
trol unit 11 from terminal ID, and applying a signal from 
an adjustable frequency oscillator (not shown) to the in- 
put of control unit 11. A separate adjustable frequency 
•test signal is applied to the input terminal 10. For proper 
tracking the control unit 11 should provide a current in 
each lead 60 that will cause the dominant frequency f 0 of 
each type A filter section (1 and 2) to be the same as 
the frequency of the signal supplied to control unit 11. 
Good tracking can be obtained by the adjustment of ele- 
ments 93, 61, and 62. 

FIGURE 9 shows a detailed wiring diagram of two type 
B high-emphasis filter sections respectively indicated in- 
side the dotted outlines 3 and 4. Two such type B filter 
sections are shown, but a larger number may be employed 
as required and it has been found that seven such high- 
emphasis sections give satisfactory results in seismic oper- 
ations. All of the type B sections are similar and the same 
reference numerals indicate similar elements in each sec- 
tion. However, each type B filter section has a different 
preassigned transition frequency fu / 2 , /s, etc. and this 
requires different values for some of the components as 
will be understood by those skilled in the art. Each type 
B filter section comprises an operational amplifier 101 
having in its input circuit a condenser 102 and resistor 
103. The amplifier 101 has a feedback resistor 104, 
and each section has a frequency characteristic similar 
to curve 32 of FIGURE 5. In each type B section, con- 
denser 102 and resistor 103 are paralleled by a resistor 
105 whose value determines the iow-frequency asymptote 
or minimum-pass amplitude 35 of FIGURE 5. Paral- 
leling the resistor 105 are a plurality of resistors 106a, 
1066, 106c, 106o\ and 106e, each of which has in series 
therewith an element 107a, 1076, 107c, 107</, and 107e, 
respectively. Each of the elements 107 is in the nature 
of a switch, though actually it is a device whose resistance 
may be varied from a high value to a low value and vice 
versa in a manner to be described. It is apparent that by 
controlling one or more of the elements 107 to have a low 
resistance there is effectively brought into the circuit one 
or more of the resistors 106, whereby the minimum-pass 
amplitude of the filter section will be increased, the maxi- 
mum value being indicated by 36 in FIGURE 5. The 
manner in which the elements 107 are controlled will be 
described in detail later. Each type B filter section has 
a different preassigned transition frequency f u 1i> h, etc., 
and by means of the elements 107 the minimum-pass 
amplitude of each can be varied stepwise. Each of the 
leads 108 is provided by the control system to be described 
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with an appropriate electrical signal that will produce in 
the associated device 107 either a low resistance or a high 
resistance so that the device 107 acts either as a closed 
switch or as an open switch. Thus each of the type B 

5 sections with a different transition frequency can be made 
to contribute little or much to -the high-frequency limb 
38 of the combined characteristic curve. The output 
signal from the type B filter is taken from lead 109. 

FIGURE 10 shows a detailed wiring diagram of two 

10 type C low-emphasis filter sections respectively indicated 
inside the dotted outlines 6 and 7. Two such type C filter 
sections are shown, but a larger number may be em- 
ployed as required and it has been found that three such 
low-emphasis sections give satisfactory results for seismic 

15 operations. All of the type C sections are similar and the 
same reference numerals indicate similar elements in each 
section. However, each type C filter section has a dif- 
ferent preassigned transition frequency /_ 2 , /-3» etc., 
thus requiring different values for some of the components 

20 as will be understood. Each type C section comprises 
an operational amplifier 111 conneoted as shown with 
a resistance 112 in its^ input circuit. The feedback cir- 
cuit around amplifier 111 comprises condenser 113 and 
resistor 114. The resistor 114 and condenser 113 are 

25 paralleled by a plurality of resistors 116a, 1166, 116c, 
116o*, and 116e, each of which has in series therewith 
an element 117a, 1176, 117c, 117a", and 117e, respectively. 
The elements 117 are of the same nature as the previously 
mentioned elements 107 employed in the type B filters, 

3Q and provide a means for effectively switching in circuit as 
desired one or more of th rsistors 116. Th output from 
the type C filter sections is obtained at lead 119. Each 
filter section comprising elements 111 to 117 has a re- 
sponse curve similar to curve 42 of FIGURE 6 With the 

35 minimum-pass amplitude 45 controlled by means of the 
elements 117. It is apparent that the effect of any type 
C filter section on the overall frequency characteristic of 
the system will be determined by which of the respective 
elements 117 of the various filters is either substantially 

40 closed or substantially open. Thus, if the low-frequency 
limb 25 of the desired characteristic curve 20 (FIGURE 
3) does not require the use of one of the filter sections 
of group C, all of its elements 117 will be closed, where- 
upon the characteristic of that particular section will be 
similar to curve 46 of FIGURE 6 and this section will 

45 have substantially no effect on the overall filter character- 
istic of the system. On the other hand if one of the type 
C filter sections is required to provide the necessary shape 
for the low-frequency limb 25 of the overall frequency 
characteristic, many or all of the elements 117 of that 

50 section will be controlled to be open, whereupon this sec- 
tion will have a characteristic similar to 42 of FIGURE 6 
and will have a material effect on the overall frequency 
characteristic of the system. 

The output signal from the cascaded filter system is 

55 taken at terminal 12 whose return is grounded as indicated. 
It is apparent that a seismic signal applied at terminal 10 
(FIGURE 7) will be filtered in cascade through the re- 
spective sections of types A, B, and C, and will be de- 
livered at terminal 12. If the respective elements 536, 

60 107, and 117 are properly controlled, the cascaded filter 
system between terminals 10 and 12 will be the desired 
inverse filter whose characteristic is represented by curve 
20 of FIGURE 3. The manner in which element 53 of 
the type A filter sections is controlled has already been 

65 described, and the manner in which the respective con- 
trollable elements 107 and 117 are controlled will now 
be described. 

As previously indicated, each of the elements 107a-e 
and 117a-e in each of the pluralities of high-emphasis 

70 and low-emphasis sections represents a control point for 
the type B and type C sections respectively. Control 
is accomplished by causing the appropriate elements 
107a-e and/or XXla-e to have either a high resistance 
whereby the particular resistor 106 or 116 is effectively 

75 disconnected, or by causing the element 107 or 117 to 
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have a low resistance whereby the particular resistor 106 
or 116 is effectively in circuit. In order to obtain a con- 
trol signal for the respective elements 107 and 117, the 
output signal is sampled at output terminal 12 ^and a 
frequency analysis is made from which a plurality of 
control signals are generated which are respectively ap- 
plied to the elements 107 and 117. When it is desired 
to raise the nunimum-pass amplitude of any particular 
type B or type C filter section, a control system di- 
agrammatically illustrated in FIGURE 11 generates an 
appropriate signal to lower the resistance of the appro- 
priate elements 107 and 117 thereby switching in the 
corresponding resistor 106 or 116 and thereby raising the 
•minimum-pass amplitude of the section in the manner 
previously described. Such filter section then contributes 
very little to the overall characteristic. On the other hand, 
in order that a particular filter section shall substantially 
affect the overall characteristic, the appropriate elements 
107 or 117 are controlled to have a high resistance. 

An example of a control circuit that may be used for 
this purpose is illustrated in FIGURE 11. The signal 
from terminal 12 is applied to terminal 126 (also shown 
on FIGURE 10) and is applied to a frequency-analyzing 
network 127 indicated by the dashed outline 127. The 
frequency-analyzing network 127 comprises a plurality 
of parallel connected sharply tuned band-pass filters 128a, 
128&, 128c, etc., each having a different mid-frequency 
such as Fx, F 2 , F 3 , etc. FIGURE 12 is a graph showing 
the frequency response curves of the respective filters 
128 that make up the frequency analyzer. 127. Each of 
the filters 128 are of the conventional band-pass type 
and they preferably have adjacent or slightly overlapping 
frequency bands. The respective pass bands are quite 
narrow and a large number of filters 128 is provided to 
coyer the entire frequency range of interest. By way of 
example in seismograph operations twenty-five such filters 
128 may be employed to cover a frequency range of from 
about 5 to 70 c.p.s. Each filter 128 has a load resistor 

The band-pass filters 128 produce at their respective 
output terminals 129a, 129£, 129c, etc. an A.-C. signal 
whose amplitude is proportional to the particular fre- 
quency content of the signal applied to terminal 126. # The 
output of each filter 128 is rectified by means of a circuit 
comprising resistor 131 and rectifier 132. The rectified 
output is smoothed by means of condenser 133 and re- 
sistor 134, so that at the terminals 135 there is produced 
a D.-C. potential with respect to ground that is substan- 
tially proportional to the amplitude of the particular fre- 
quency component F covered by the particular filter 128. 
It is apparent that there will be such a D.-C. voltage gen- 
erated for each frequency component F in the frequency 
. band of interest as spanned by the plurality of filters 128. 
The D.-C. signals representing the amplitudes of ad- 
jacent frequency components, as for example Fi and F 2 
are compared by connecting the respective leads 135a and 
135b to an amplitude comparator 140ab to be described 
2 - detail later. Comparison is made between adjacent 
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frequency bands by employing a plurality of comparator 
circuits 140, the number of comparators being one less 
than the number of filters 128. The comparators are 
identified as 140ab, . 140bc, 140cd 9 etc. according to the 
frequency channels a, b, c, d, etc. whose signals are 
compared. The comparator circuits 140 are of such form 
that if, for example Fi amplitude is larger than F 2 ampli- 
tude, the comparator produces a voltage less than a pre- 
assigned threshold, whereas if the amplitude of F a com- 
ponent exceeds the amplitude of Fi component the volt- 
age generated by the comparator is more than the thresh- 
old. The output signal of each comparator is delivered 
via" its lead 141 to a plurality of trigger circuits 142 
which will be described in detail later. Each trigger cir- 
cuit 142 is of a type that if the voltage from the com- 
parator 141 is below the preassigned threshold, the trig- 
ger 142 has zero output; whereas if the output voltage of 75 



comparator 141 exceeds the threshold, the trigger 142 
will have a substantial D.-C. output. The output of the 
trigger 142 is sufficiently large to illuminate a lamp fila- 
ment connected thereto and indicated by 144. The lamp 
filament is contained in a device 145. The device 145 
also contains a resistor 146 that is made of photocpnduc- 
tive material. The filament 144 and the photoconductive 
resistor 146 are sealed into a common envelope indicated 
in FIGURE 11 by 145. The device 145 is commercially 
available under the trade name "Raysistor" made by 
Raytheon Company of Lexington, Massachusetts, U.S.A. 
The characteristics of Raysistor 145 are such that when 
the filament 144 is energized and its light falls on the re- 
sistor 146 becomes very low. On the other hand when 
the filament 144 is not energized, the resistance 146 has a 
very high value. Each filament 144 is energized by its 
own trigger circuit 142, and a number of triggers 142 are 
actuated from a common comparator 140. 

Accordingly, the circuits 140 and 142 are so arranged 
that when the D-C voltage on one input lead (say 135a) 
exceeds that on the other input lead (say 135b) 9 the 
filaments 144 connected thereto are energized, whereas 
when the situation is reversed, the filaments 144 are 
not energized. The circuits are connected via leads 108 
(FIGURE 9) and 118 (FIGURE 10) so that the re- 
sistors 146 of FIGURE 11 actually comprise the resistors 
107 and 117 of FIGURES 9 and 10, so that energization 
of the filament 144 will cause the previously mentioned 
resistor 106 (FIGURE 9) or 116 (FIGURE 10) to be 
in circuit. By this means the minimum-pass amplitude 
35 or 45 of FIGURES 5 and 6 is automatically adjusted 
for the respective type B and type C filter sections. The 
phasing is such that if the high-frequency limb 26 (FIG- 
URE 3) of the overall frequency characteristic 20 is to 
be made less steep, the particular filaments 144 are ener- 
gized that raise the minimum-pass amplitude of one or 
more of the high-emphasis (type B) filter sections. On 
the other hand at the low frequency end, the phasing is 
such that if the low-frequency limb 25 of the overall 
frequency characteristic 20 is to be made less steep, the 
particular filaments 144 are energized that raise the mini- 
mum-pass amplitude of one or more of the low-frequency 
(type C) filter sections. A time constant is built into 
the system through the resistors 705, 706, 709, and con- 
denser 708, and this time constant may for seismic opera- 
tions be of the order of 200 milliseconds. Any flutter 
that may occur in the automatic adjustment of the sys- 
tem is not objectionable. The use of the Raysistor 145 
avoids sharp transient effects because these elements have 
a "soft" approach. They also provide complete isola- 
tion of their input and output signals thereby eliminating 
any possibility of unwanted signal feedback. 

As previously indicated, it has been found that for 
seismic operations a total of seven type B filter sections 
is satisfactory. Each of the type B filter sections has 
five resistances 146 forming the elements 107 of FIG- 
URE 9, thus providing six steps of minimum pass ampli- 
tude for each of the transition frequencies of the respec- 
tive type B filter sections. Accordingly, there will be 
thirty-five trigger circuits 142 actuating the thirty-five 
filaments 144 which (via the leads 108) control the ele- 
ments 107 in FIGURE 9 f Similarly it has been found 
that a total of three type C filter sections is satisfactory 
for seismic operation, each section having five resistors 
146 forming the elements 117 of FIGURE 10,. so that 
there will be fifteen trigger circuits 142 actuating the 
fifteen filaments 144 that (via the leads 118) control the 
elements 117 in FIGURE 10. It is apparent that some 
of the comparators 140 work on the low-frequency limb 
25 of the curve 20 (FIGURE 3) and some, of the com- 
parators 140 work on the high-frequency limb 26 of 
the curve 20. The comparators are assigned to the re- 
spective elements 107 and 117 so as to control the fre- 
quency analysis made by the analyzer 127 (19 of FIG- 
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URE 1) to give a nearly uniform frequency content to 
the output signal on terminal 12 (126). 

An example of the manner in which the respective 
elements 107 and 117, through the respective trigger cir- 
cuit 142 connected thereto, are assigned to the various 
comparator circuits 140 is indicated in the table of FIG- 
URE 18. Also by way of example, FIGURE 18 lists 
in the first column the mid-frequencies Fi, F 2 , F 3 , etc., 
starting from the low-frequency end of the spectrum of 
band-pass filters 128 in the frequency analyzer (19 of 
FIGURE 1, 127 of FIGURE 11). Further, by way of 
example, FIGURE 18 lists in the second column the 
band width of each band-pass filter 128. The respective 
comparators are identified in the third column, and those 
comparators that compare amplitudes of low frequencies 
are identified as CL1, CL2, CL3, etc., and those com- 
parators that compare amplitudes of high frequencies 
are identified as CHI, CH2, CH3, etc. A break between 
the low and high frequency regimes is made at about 
the middle of the range of variation in frequency of the 
type A filter, which in the case of reflection seismic 
operation is about 30 cps. As previously indicated, a 
total of three low-emphasis (type C) filter sections and 
seven high-emphasis (type B) filter sections, each with 
five switching elements 117 and 107, respectively are 
employed for seismic operations, although a larger or 
smaller number may be employed if desired. The phas- 
ing is such that in the case of the CL comparators, the 
lamp 144 is turned on when the lower frequency has 
the higher amplitude. In the case of the CH compara- 
tors the lamp 144 is turned on when the higher frequency 
has the higher amplitude. In the table of FIGURE 18 
the respective switching element 107 or 117 is indicated 
as being closed (i.e. filament 144 on) where an X ap- 
pears in the filter column to the right of the respective 
comparator. The X designates the switching element 
that is closed (i.e. filament on) by the comparator for 
the particular filter section referenced at the top of each 
of the ten columns to the right of the comparator column. 
It is apparent that the particular assignment shown in 
FIGURE 18 requires fifty trigger circuits 142 to actuate 
the respective filaments at the X points. 

By way of example specific examples of elements 128, 
140, and 142 will now be described. 

The narrow band-pass filters 128 may be of any well- 
known type, and by way of example a high-Q resonant 
•type of filter is shown in detail in FIGURE 13. The filter 
comprises a tube 230 having a conventional grid resistor 
231, cathode resistor 232 with bypass condenser 233, and 
plate resistor 234. The tank circuit of the filter system 
comprises inductance 239 with condensers 240 and 241 
connected as shown, and the values of the inductance and 
condensers are chosen to peak the filter at the desired 
frequency F lf F 2 , F 3 , etc. In order to increase the Q-value 
of the resonant tank circuit there is connected to it a con- 
ventional Q-multiplier network made up of elements in- 
side the dotted outline 242. The Q-multiplier comprises 
pentode tube 243 connected as indicated. A resistor 244 
is connected to the junction of condensers 240 and 241 
and connects to the junction of resistors. 247 and 248 in 
the cathode circuit of tube 243. Resistor 249 serves as 
a grid resistor. Proper screen voltage is obtained through 
resistor 250 which has bypass condenser 251. The effect 
of the network 242 is to increase the Q value of the res- 
onating tank circuit comprising inductance 239 and con- 
densers 240 and 241, and the particular value of Q ob- 
tained depends on the resistance values of resistors 244 
and 245. Accordingly, the resistors 244 and 245 are 
chosen for each filter so that the band width of the filter 
channels 128a, 128b, 128c, etc. have the desired value as 
shown in FIGURE 18. The tank circuit and its Q-multi- 
plier is coupled to tube 230 by means of condenser 252. 

The output of tube 230 is transmitted through coupling 
condenser 253 to a cathode-follower stage with tube 255 
having grid resistor 254 and cathode resistors 256 and 257. 
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The output signal is transmitted through coupling con- 
denser 258 to a potentiometer 235, whose slider is con- 
nected to terminal 129. The input signal to the filter is 
applied to terminal 126 and is transmitted to the tank 
5 circuit through condenser 246 and resistor 245, the other 
side of the input being grounded as shown at 237. The 
purpose of potentiometer 235 is to permit adjusting the 
various filters 128 to equal gain up to the terminal 129. 
Tubes 230 and 255 shown as triodes may be in a common 
10 envelope. Heater circuits and B-{- supply are conven- 
tional and are not shown in the figure. 

By means of the circuit illustrated in FIGURE 13 a 
very narrow pass band may be obtained. It is preferred 
that the pass bands of the respective channels F^ F 2 , F 3 , 
15 etc., be of substantially equal width as measured in c.p.s. 
In the application of the invention to the analysis of re- 
flection seismograms it has been found desirable to use 
a large number of filter channels, the width of the pass 
bands being in the order of two to five cycles per second 
20 as measured at the 3 db point. A pass band whose width 
is in this range is easily obtained by means of the high-Q 
resonant filter circuit as shown in FIGURE 13. In the 
high-Q resonant filter circuit of FIGURE 13 the values 
of inductance 239 and condensers 240 and 241 are chosen 
25 in well-known manner so that the peak frequency of the 
particular filters 128a, 128d, 128c, etc. have the desired 
value F lf F a , F 3 , etc., shown in FIGURE 18. It has been 
further found desirable to space the pass bands of the 
respective filters 128 so that they are distributed over the 
30 range of frequencies of interest with slight overlap as in- 
dicated in FIGURE 12. A logarithmic frequency distri- 
bution is preferred for the reason that the high Q filters 
having constant frequency band width at the 3 db point 
have increasing frequency width at the 6 db point, and in 
35 order to prevent excessive overlap the bands are given in- 
creased spacing at the higher frequencies. While a vac- 
uum-tube type of circuit for elements 128 has been de- 
scribed, it is apparent that these elements may comprise 
transistor circuits having substantially the same frequency 
40 characteristics. 

FIGURE 14 shows a schematic wiring diagram of one 
of the comparators 140 of FIGURE 11. The two D.-C. 
input voltages to be compared are applied on leads 135a 
and 1356, each having its return to ground (not shown). 
45 The two input voltages are each first fed into a pair of 
well-known Darlington-type emitter-follower circuits com- 
prising transistors 151, 152, and 153, 154, respectively 
connected as indicated. The collectors of transistors 151 
and 152 are connected together and to negative 15-volt 
50 supply through resistor 159, and the collectors of transis- 
tors 153 and 154 are connected together and to negative 
15-volt supply through resistor 160. Transistor 161 ac- 
tually performs the comparison of the two signals, the out- 
put of transistor 152 being connected to the emitter of tran- 
55 sistor 161, and the output of transistor 154 being con- 
nected to the base of transistor 154. The collector of 
transistor 161 is connected to negative 15-volt supply 
through load resistor 162. The output of the circuit of 
transistor 161 is fed to a simple emitter-follower stage 
60 comprising transistor 163 connected as shown. The pur- 
pose of transistor 163 is merely to isolate the succeding 
circuits from the comparator stage 161. The output across 
resistor 165 of the comparator circuit of FIGURE 14 
is such that if input signal on 135a is larger in magnitude 
65 than input signal on 1356, a potential of —15 v. appears 
on output lead 164; but if the signal on 1356 is larger than 
on 135a then zero voltage appears on lead 164. The com- 
parators 140 (FIGURE 11) thus develop a —15 v. sig- 
nal or zero signal dependent on whether the signal im- 
70 pressed on terminal 126 contains a larger or smaller am- 
plitude of adjacent frequencies Fi, F 2 , F 3 , etc. In effect, 
the comparators 140 serve to detect the slope of the fre- 
quency-content curve of the signal impressed on terminal 
126, which from FIGURE 10 is seen to be the output sig- 
75 nal of the inverse filter system. The comparators 140 
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eventually control the appropriate filaments 144 of de- 
vices 145 (FIGURE 11) and are connected so as to flatten 
the frequency spectrum of the signal at terminal 126, i.e. 
the output of the inverse filter system. It is apparent that . 
by doing so the comparators in effect cause the product 
of curves 21 (FIGURE 2) and 20 (FIGURE 3) to be 
flat, i.e. the curve 20 is in this manner adjusted to be the 
desired inverse of curve 21. 

Each comparator may at times be required to control 
one or more lamp filaments 144. As previously indicated, 
this is accomplished by providing a trigger circuit 142 for 
each filament and actuating a plurality of triggers from 
a common comparator. FIGURE 15 is a wiring diagram 
of a conventional Schmitt trigger circuit that may be em- 
ployed. The output signal (either zero or— 15 v.) from 
the comparator on lead 164 is fed to the base of transistor 
166 through resistor 167, other connections being made 
as indicated through resistors 171, 172, 173, and 174. The 
output transistor 168 has its collector connected to resistor 
169 in series with filament 144. The trigger circuit of 
FIGURE 15 is such that with zero signal on lead 164 
there is current through resistor 169 and the filament 144 
connected thereto, i.e. the filament is energized so that the 
associated resistor 146 has . a low value. Thus with zero 
signal on lead 164 the corresponding switching element 
107 or 117 (FIGURES 9 and 10) is closed. On the other 
hand whenever —15 v. signal appears on -lead 164 the 
filament 144 is not illuminated, and the associated resistor 
146 has a high value, i.e. the corresponding switching ele- 
ment 107 or 117 (FIGURES 9 and 10) is open. 

Operation of the frequency-control system of this inven- 
tion will now be evident. The type A filter sections are 
continuously controlled to have a predominant frequency 
in accordance with the frequency sensing and control net- 
work 11 of FIGURE 7. The high-frequency limb and 
the low-frequency limb of the response ourve are flattened 
by continuously automatically controlling the slope of the 
curve sensed by frequency analyzer of FIGURE 11, this 
being done by closing appropriate switches 107 and 117 
in the respective type A and type B filter sections. 

As previously indicated, the curves of FIGURES 5 and 
6 are idealized response curves for the type B and type C 
filter sections, respectively. The shape of these curves is 
exaggerated in FIGURES 5 and 6 for purposes of explan- 
: ation and such shape is not conveniently obtained. By 
way of example, FIGURE 16 shows a family of actual 
response curves for a type B high-emphasis section whose 
wiring diagram is given in FIGURE 9. It is apparent that 
there is some shift in transition frequency fi as the mini- 
mum pass amplitude is shifted, but this is not detrimental 
to operation of the system and almost any such shifts 
can be taken into account in making the comparator 
assignments (FIGURE 18). Also by way of example, 
FIGURE 17 shows a family of actual response curves for 
a type C low-emphasis section whose wiring diagram is 
given in FIGURE 10. It has been found in practice that 
by employing type B and type C filter sections that; have 
a relatively small ratio of relative response at extreme 
frequencies and by employing more of such sections, it is 
possible to automatically achieve a better inverse filter 
match, than by using a lesser number of more effective 
sections. Even though the effect of a single section is not 
large, the total effect available is this effect raised to a 
power equal to the number of such sections employed in 
the system. Accordingly, a section having an emphasis 
ratio in the neighborhood of two to one will when repeated 
a plurality of times have a considerable effect. 

It is evident that in the preferred embodiment of the 
invention herein described there is employed a combina- 
tion of forward-acting and backward-acting control ac- 
tion. Referring to FIGURE 1 it is seen that the frequency 
control 11 feeds in a forward direction to the band-, 
absorption -filters 1 and 2. It is further seen that the fre- 
quency analyzer 19, feeds in a backward direction to the 
various high-emphasis and low-emphasis filter sections 3 
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to 8. It will be evident to those skilled in the art that the 
invention may employ all forward-acting or all backward- 
acting controls by appropriate extension of the elements 
and circuitry herein described. It will also be evident 
that different sampling frequencies may be employed for 
different applications of the invention. The invention 
provides a method and apparatus for attaining a desired 
inverse filter by continuously automatically controlling 
the dominant frequency and. continuously automatically 
and independently controlling the slopes of the high-fre- 
quency and the low-frequency limb of the response curve. 

By way of example only and not by way of limitation, 
the following values of the respective component ele- 
ments of this invention may be employed with satisfactory 
results. 
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Number 
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55 



60 



65 



70 



75 



101.... 

102 

103.... 

104 

105 

106a... 
108b... 
108c... 
108d... 
108e___ 

107a 

107b... 
107c... 
107d... 
1076.. _ 

111 

112 

113 

114.... 
116a... 
116b... 
118o... 
116d... 
116o... 

117a 

117b 

117o... 
117d... 
1176... 

130 

131 

132. 

133 

134 

145 

151.... 

152 

153 

154.... 

155 

168 

167.... 
158.... 

159 

160 



Component 



Resistor 

Operational Amplifier 

do J 

Resistor 

Condenser 

Saturable Core Inductor. 

Resistor -. 

—.do 

—.do 

do 

Rectifier 

Variable Resistor 

Condenser 

Resistor j 

O perat ional Amplifier 

do... 

Resistor 

Rectifiers . 

... -do———..- 

Resistor ... 

do... 

.....do..... .. 

.—do— — 

do 

Operational Amplifier.... 

Condenser 

Resistor . ... 

.—do 

Operational Amplifier—. 

Rectifier. 

do 

Resistor ^ 

do. „ 



Operational Amplifier.. 

Resistor""— 

Condenser 

Battery 

Potentiometer 

Operational Amplifier.. 

Condenser _ 

Resistor.— 

do. 

do 

..—do. 

do 

.....do. 

do. 

do 

Ray sis tor 

do 

do 

do 

do 

Operational Amplifier.. 

Resistor 

Condenser r _. 

Resistor 

do.. 

do 

do 

do 

do 

Raysfstor 

do 

do , 

•—-*> 

do _ 

Resistor 

—.do 

Rectifier 

Condenser..... __ 

Resistor: — 

Raysistor 

Transistor 

—do 

. — .do 



Resistor.. 
do.... 



-.do 

—do 



Specification 



10,000 ohms. 
Philbrick P65A. 

Do. 
30,000 ohms. 

} Selected to tune over fre- 
quency range of interest . 
100.000 ohms. 
4,700 ohms. 
10,000 ohms. 
Do. 

8 type 1N100 diodes. 
800 ohms. 
0.25 mfd. 
60,000 ohms. . 
Philbrick K2W. 

Do. 
100,000 ohms. 

2 type650Co Zener diodes. 

5 megohms. 
10,000 ohms. 
1 megohm. 
100,000 ohms. 
500,000 ohms. 
Philbrick K2W. 
0.04 mfd. 
70,000 ohms. 
500,000 ohms. 
Philbrick K2WV 
Transitron S-168. 

Do. 
10 megohms. 
100,000 ohms. 

Do. 

Philbrick K2W. 
Philbrick K2B1. 
600,000 ohms. 
0.5 mfd, 
4.0 V. 
1 megohm. 
Philbrick P65A. 
0.3 mfd. . 
4,000 ohms. 
20,000 ohms. 

Do. 
100,000 ohms. 

Do. 

Do. 

Do. 

Do. 
Type CK1114. 

Do. 

Do. 

Do. 

Do. 

Philbrick P65A. 
20.000 ohms. 
0.4 mfd. 
20,000 ohms. 
100,000 ohms. 

Do, 

Do. 

Do. 

Do. 
Type CK1114. 

Do. 

Do. 

Do. 

Do. 
33,000 ohins. 

Do. • 
TypelNlOO. . 
lrafd, 
33,000 ohms. 
(See 107 and 117); 
Type2N1175A. 

Do. 

Do. 

Do. 
100,000 ohms. 
82 ohms. 
100,000 ohms. 
100 ohms. 
330 ohms. 

Do. 
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Element 
Number 



Component 



Specification 



controlling the slope of the high-frequency limb of 
the inverse filter in response to said frequency an- 
alysis. 

3. In an electrical signal processing system adapted 
to provide inverse filtering of a previously filtered signal, 
the method of automatically adjusting the parameters 
of the inverse filter to flatten the frequency spectrum 
which comprises 

detecting the predominant frequency of the signal, 
controlling the predominant absorption frequency of 
the inverse filter in response to the predominant 
f requency of the signal, 
•analyzing the inverse filtered signal for the ratio of 
amplitude of a plurality of preselected frequency 
components, 

controlling the low-frequency limb of the inverse 
filter by automaticaly adjusting the minimum pass 
amplitude of a low-frequency emphasis filter cas- 
caded with the band-absorption filter, 
controlling the high-frequency limb of the inverse fil- 
ter by automatically adjusting the minimum pass 
amplitude of a high-frequency emphasis filter cas- 
caded with the band-absorption filter, and 
controlling both of said adjustments in response to 
said frequency analysis. 

4. A method of independently controlling the pre- 
dominant frequency and the slope of the low-frequency 
limb and the slope of the high-frequency limb of an 
inverse filter employing in cascade connection a band- 
absorption filter, a low-frequency emphasis filter having 
a minimum pass amplitude in the high-frequency range, 
and a high-frequency emphasis filter having a minimum 
pass amplitude in the low-frequency range through which 

J ^ r . _ . . cascade a signal is transmitted for inverse filtering of 

end of the spectrum in order to allow the circuits to function properly at 35 a nre viouclv filtered electrical sienal to flatten the fre- 
these low frequencies as will be evident to those skilled in the art. 0tJ a previously nnerea eiecincat signal 10 nauen me ire 

quency spectrum which comprises 



161 


Transistor . 


162 


Resistor 


163— _ 


Transistor 


165. 


Resistor 


166 


Transistor 


167 


Resistor 


168--. 


Transistor 


169 






do 


172 

173~" 


""I do"„ I I "III "I 


174 


do „_ 


230 


Vacuum tube 


231 - 


Resistor. 


232 


do 


233 


Condenser 


234 


Resistor 


235 


Potentiometer 


238 




239 


Inductor 


240_ 








243 




244..- 






do 






247 - 




248 


— -".dol II— "—I—— II— - 






251 _ 






do 




do 


254 




255 


Vacuum tube 


256 








258 _ 


Condenser. _ 



Type2N1175A. 
100,000 ohms. 
Type 2N1175A. 
33,000 ohms. 
Type 2N1175A. 
15,000 ohms. 
Type 2N1175A. 
Selected as required by 
filament of Raysistor. 
27 ohms. 
6,800 ohms. 
1,500 ohms. 
10,000 ohms. 
12AU7. 

1 megohm. 
3,900 ohms. 

10-100 mfd. (See Note*). 
56,000 ohms. 
1,000 ohms. 
10 mfd. 

1 Chosen to adjust peak 
frequency of niter. 

6AU6. 

IChoson to adjust Q of 
j circuit. 

Normally 1 mfd. (See 

Note*). 
2,400 ohms. 
62,000 ohms. 
470,000 ohms. 
200,000 ohms. 

2 mfd. 
lmfd, 
1 mfd. 

510,000 ohms. 
H 12ATJ7. 
1,800 ohms. 
2,200 ohms. 

10-100 mfd. (See Note*). 



10 



15 



20 



25 



30 



*Note.-— The normal value of this component is that used for inter- 
mediate and high-frequency bands. However, this component is 
frequency dependent and must be properly chosen at the low-frequency 



In the schematic wiring diagrams all normal connec- 
tions to amplifiers, including ground, are made in con- 
ventional manner and are omitted from the figures in the 
interest of simplification. 

What I claim as my invention is: 

1. An electrical signal processing method adapted to 
flatten the frequency spectrum of a continuously changing 
signal whose frequency spectrum has the form of a 
smooth transmission band which comprises 

transmitting the signal through a band-absorption filter 
whose frequency characteristic has a predominant 
absorption frequency with a low-frequency limb and 
an high-frequency limb, 

continuously measuring the frequency spectrum of the 
signal, 

continuously adjusting the predominant frequency of 
the band absorbed during said transmission in re- 
sponse to said measured spectrum, 

continuously adjusting the slope of the low-frequency 
limb of the band absorbed during said transmission 
in response to said measured spectrum, and 

continuously adjusting the slope of the high-frequency 
limb of the band absorbed during said transission 
in response to said measured spectrum. 

2. In an electrical signal processing system adapted 
to provide inverse filtering of a previously filtered signal, 
the method of automatically adjusting the parameters 
of the inverse filter to flatten the frequency spectrum 
which comprises 

detecting the predominant frequency of the signal to 
be processed, 

controlling the predominant absorption frequency of 
the inverse filter in response to the detected pre- 
dominant frequency, 

making an amplitude-frequency analysis of the 
processed signal, 

controlling the slope of the low-frequency limb of 
the inverse filter in response to said frequency anal- 
ysis, and 



40 



45 



50 



55 



60 



65 



70 



75 



measuring the predominant frequency of the signal, 
controlling the predominant absorption frequency of 
the band-absorption filter in response to the meas- 
ured frequency of the signal, 
measuring the relative amplitudes of a plurality of 

preselected frequency components of the signal, 
controlling the minimum pass amplitude of the 'low-fre- 
quency emphasis filter in response to the relative 
amplitudes of signal frequency components whose 
frequency is lower than the predominant frequency, 
and 

controlling the minimum pass amplitude of the high- 
frequency emphasis filter in response to the relative 
amplitudes of signal frequency components whose 
frequency is higher than the predominant frequency. 
5. In a seismogram processing system, the method of 
automatically adjusting the parameters of an inverse 
filter system to provide a frequency characteristic that 
is the inverse of the filtering effect of the earth on a 
seismic impulse recorded as a seismogram which com- 
prises 

detecting the predominant frequency of the seismo- 
gram, 

controlling the predominant frequency of the inverse 
filter in response to the predominant frequency of 
the seismogram, 

providing in cascade with the inverse filter a plurality 
of cascaded low-pass filters of different preselected 
cutoff frequencies and adjustable minimum pass 
amplitude, 

providing in cascade with the inverse filter a plurality 
of cascaded high-pass filters of different preselected 
cutoff frequencies and adjustable minimum pass 
amplitude, 

performing a frequency analysis of the output signal 
of the seismogram processing system, 

adjusting the low-frequency -limb of the filter system 
by controlling the minimum pass amplitude of said 
low-pass filters in response to the results of said 
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frequency analysis in such manner as to provide 
. substantially flat frequency content of the output 
signal, and 

adjusting the high-frequency limb of the filter system 
by controlling the minimum pass amplitude of said 
high-pass filters in response to the results of said 
frequency analysis in such manner as to provide 
substantially flat frequency content of the output 
signal. 

6. In a seismogram processing system, the method of 
automatically adjusting the parameters of an inverse 
filter system to provide a frequency characteristic that 
is the inverse of the filtering effect of the earth on a 
seismic impulse recorded as a seismogram which com- 
prises 

detecting the predominant frequency of the seismo- 
gram, 

adjusting the predominant frequency of the inverse 
filter by controlling a variable impedance element 
therein in response to the predominant frequency 
of the seismogram, 

providing in cascade with the inverse filter a plurality 
of cascaded low-pass filters of different preselected 
cutoff frequencies and adjustable minimum pass 
amplitude, 

providing in cascade with the inverse filter a plurality 
of cascaded high-pass filters of different preselected 
cutoff frequencies and adjustable minimum pass 
amplitude, 

: performing a frequency analysis of the output signal 
of the seismogram processing system, 
adjusting the low-frequency limb of the filter system 
•by controlling the minimum pass amplitude of said 
: low-pass filters in response to the results of said 
frequency analysis in such maimer as to provide 
substantially flat frequency content of the output 
signal, and 

, adjusting the high-frequency limb of the filter system 
*, by controlling the minimum pass amplitude of said 
high-pass filters in response to the results of said 
frequency analysis in such manner as to provide 
substantially flat frequency content of the output 
signal. 

7. A self-adjusting electrical filter adapted to con- 
tinuously flatten the frequency spectrum of a signal whose 
frequency spectrum has the form of a smooth transmis- 
sion band which comprises 

a band-absorption filter whose frequency characterise 
. tic has a predominant absorption frequency and a 
low-frequency limb and a high-frequency limb, 

means connected to said band-absorption filter adapted 
•to measure the frequency spectrum of the signal, 

means connected to said band-absorption filter adapted 
to adjust the predominant frequency thereof, 

means connected to said band-absorption filter control- 
ling said predominant-frequency adjusting means in 
response to the output of said frequency-spectrum 
measuring means, 

means connected to said band-absorption filter adapted 
to adjust the slope of the low-frequency limb thereof, 

means connected to said band-absorption filter con- 
trolling said low-frequency slope-adjusting means in 
response to the output of said frequency-spectrum 
measuring means, 

means connected to said band-absorption filter adapted 
to adjust the slope of the high-frequency limb there- 
of, and 

means connected to said band-absorption filter control- 
ling said, high-frequency slope-adjusting means in re- 
sponse to the output of said frequency-spectrum 
measuring means. 

8. Apparatus for inverse filtering of an electrical sig- 
nal which comprises 

a band-absorption filter including electrical means for 
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adjusting the predominant frequency of the absorp- 
tion band thereof, 
a low-frequency emphasis filter having electrically ad- 
justable minimum high-frequency pass amplitude, 
5 a high-frequency emphasis filter having electrically ad- 
justable minimum low-frequency pass amplitude, 
an electrical network connecting said band-absorption 
filter and said low-frequency emphasis filter and said 
high-frequency emphasis filter in cascade between 
10 input terminals and output terminals, 

. first frequency-responsive means connected to said in- 
put terminals responsive to the predominant fre- 
quency of the signal to 'be filtered, 
first control means connected to said first frequency-re- 
15 sponsive means and to said band-absorption filter con- 
trolling -the predominant frequency of the absorption 
band thereof in response to signal from said first fre- 
quency-responsive means* 
second frequency-responsive means connected to. said 
20. output terminals responsive to the ratio of amplitudes 
of a plurality of predetermined frequency compo- 
nents in the signal from said output terminals, and 
second control means connected to said second fre- 
quency-responsive means and to said low-frequency 
25 emphasis filter and to said high-frequency, emphasis 
filter controlling the minimum pass amplitudes there- 
of in response to signals from said second frequency- 
responsive means. 
9. Apparatus for inverse filtering of an electrical sig- 
30 nal which comprises 

a band-absorption filter including electrical means for 
adjusting the predominant frequency of the absorp- 
tion band thereof, 
a low-frequency emphasis filter having electrically ad- 
35 justable minimum high-frequency pass amplitude, 
a high-frequency emphasis filter having electrically ad- 
justable minimum low-frequency pass amplitude, 
an electrical network connecting said band-absorption 
filter and said low-frequency emphasis filter and said 
40 high-frequency emphasis filter in cascade between in- 
put terminals and output terminals, 
first frequency-responsive means connected to. said in- 
put terminals responsive to tlie predominant fre- 
quency of the signal to be filtered, 
45 first control means, connected to said first frequency- 
responsive means and to said band-absorption filter 
controlling the predominant frequency of the absorp- 
tion band thereof in response to signal from said 
first frequency-responsive means, 
50 second frequency-responsive means connected to said 
output terminals responsive to the amplitude of each 
of a plurality of respective frequency components in 
the signal from said output terminals, 
a plurality of amplitude comparators connected to said 
55 second frequency-responsive means and adapted to 
compare the amplitudes of adjacent frequency com- 
ponents and each producing a signal indicative of the 
sense of the measured comparison, and 
a plurality of trigger means connected to said respec- 
60 tive comparators and to said adjustable element in 
said low-frequency emphasis filter and to said ad- 
justable element in said high-frequency emphasis 
filter. 

6g 10. Apparatus for inverse filtering of an electrical sig- 
nal which comprises 
a band-absorption filter including electrical means for 
adjusting the predominant frequency of the absorp- 
tion band thereof, 
70 a low-frequency emphasis filter having electrically ad- 
justable minimum high-frequency pass amplitude, 
a high-frequency emphasis filter having electrically ad- 
justable minimum low-frequency pass, amplitude, 
an electrical network connecting said 'band-absorption 
75 filter and said low-frequency emphasis filter and said 
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high-frequency emphasis filter in cascade between in- 
put terminals and output terminals, 

frequency-measuring means connected to said input ter- 
minals and to said band-absorption filter controlling 
the predominant frequency of the absorption band 5 
thereof in response to signal from said frequency- 
measuring means, 

frequency-analyzing means connected to said output 
terminals measuring the amplitude of a plurality of 
frequency components in the signal from said out- 10 
put terminals, and 

control means connected to said frequency-analyzing 
means and to said minimum pass amplitude-adjusting 
means of said low-frequency emphasis filter and to 
said minimum pass amplitude-adjusting means of said 15 
high-frequency emphasis filter controlling said mini- 
mum pass amplitudes in response to signal from said 
frequency-analyzing means. 

11. Apparatus for inverse filtering of an electrical sig- 
nal which comprises 20 

a band-absorption filter including electrical means for 
adjusting the predominant frequency of the absorp- 
tion band thereof, 

a plurality of low-frequency emphasis filters of different 
cutoff frequency and having electrically adjustable 25 
minimum high-frequency pass amplitude, 

a plurality of high-frequency emphasis filters of differ- 
ent cutoff frequency and having electrically adjust- 
able minimum low-frequency pass amplitude, 

an electrical network connecting said band-absorption 3u 
filter and said low-frequency emphasis filters and said 
high-frequency emphasis filters in cascade between 
input terminals and output terminals, 

first frequency-responsive means connected to said input 
terminals responsive to the predominant frequency of 35 
the signal to be filtered, 

first control means connected to said first frequency- 
responsive means and to said band-absorption filter 
controlling the predominant frequency of the absorp- 
tion band thereof in response to signal from said first 40 
frequency-responsive means, 

second frequency-responsive means connected to said 
output terminals responsive to the ratio of amplitudes 
of a plurality of predetermined frequency compo- 
nents in the signal from said output terminals, 45 

■a plurality of amplitude comparators connected to said 
second frequency responsive means and adapted to 
compare the amplitudes of adjacent frequency com- 
ponents and each producing a signal indicative of the 
sense of the measured comparison, and 50 

a plurality of trigger means connected to said respec- 
tive comparators and to the respective adjustable 
elements in said low-frequency emphasis filters and 
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to the respective adjustable elements in said high-fre- 
quency emphasis filters. 

12. Apparatus for inverse filtering of an electrical sig- 
nal which comprises 

a minimum phase shift band-absorption filter includ- 
ing electrical means for adjusting the predominant 
frequency of the absorption band thereof, 

a plurality of minimum phase shift low^frequency em- 
phasis filters of different cutoff frequency and hav- 
ing electrically adjustable minimum high-frequency 
pass amplitude, 

a plurality of minimum phase shift high-frequency em- 
phasis filters of different cutoff frequency and having 
electrically adjustable minimum low-frequency pass 
amplitude, 

an electrical network connecting said band-absorption 
filter and said low-frequency emphasis filters and said 
high-frequency emphasis filters in cascade between in- 
put terminals and output terminals, 

first frequency-responsive means connected to said in- 
put terminals responsive to the predominant fre- 
quency of the signal to be filtered, 

first control means connected to said first frequency- 
responsive means and to said band-absorption filter 
controlling the predominant frequency of the absorp- 
tion band thereof in response to signal from said first 
frequency-responsive means, 

second frequency-responsive means connected to said 
output terminals responsive to the ratio of amplitudes 
of a plurality of predetermined frequency compo- 
nents in the signal from said output terminals, 

a plurality of amplitude comparators connected to said 
second frequency-responsive means and adapted to 
compare the amplitudes of adjacent frequency com- 
ponents and each producing a signal indicative of 
the sense of the measured comparison, and 

a plurality of trigger means connected to said respec- 
tive comparators and to the respective adjustable 
elements in said low-frequency emphasis filters and 
to the respective adjustable elements in said high- 
frequency emphasis filters, 

whereby inverse filtering of the signal transmitted 
from said input terminals to said output terminals is 
accompanied by minimum phase shift. 
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